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DECLARATION OF MICHAEL PHILLIPS UNDER 37 C.F.R. S 132 

I, MICHAEL PHILLIPS , the below named Declarant, do hereby declare and state as 



1 . My name is Michael Phillips and I founded and served as Chief Technology Officer for 
two different advanced speech technology companies (Speech Works International - now 
Nuance Communications, Inc., and Vlingo Corporation). 

2. I spent years as a Research Scientist at Carnegie-Mellon University, the Spoken 
Language Systems Group at the Massachusetts Institute of Technology, and more 
recently as a Visiting Scientist at MIT's Computer Science and Artificial Intelligence 
Laboratory (CSAIL). 

3. I have extensive experience bringing advanced speech technologies from the laboratory 
to commercial deployment. 

4. In my experience, successfiil real-world deployments of advanced speech technologies, 
such as automated speech recognition and speaker identity verification, benefit from 
tuning of the system through adaptation, which leads to enhanced performance and 
continuous improvement for users. 

5. Speech Works Intemational and Nuance Communications, Inc. both had commercially 
available adaptive speaker identity verification systems that ran on a wide variety of 
computer hardware and operating systems. 

6. The "adaptive speaker identity verification system" as described in U.S. Patent 
Application No. 09/886,824 for Normalized Detector Scaling (NDS) utilizes common 
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adaptive speaker identity verification systems; the NDS invention, however, 
provides new adaptive capabilities to provide enhanced verification performance for 
users of the adaptive speaker identity verification system. 

7. I believe that an individual of ordinary skill in the speech technology art seeing the 
term "adaptive speaker identity verification system" would clearly understand that 
this invention involves a commercially-available product (an adaptive speaker 
identity verification system) and know that a computing platform (including 
hardware required, such as processors, memory, and machine-readable media) is 
necessary. 

8. I have read the U.S. Patent Application No. 09/886,824 for Normalized Detector Scaling 
(NDS) and the claims in question: 23, 25-31, 35, 37-39, 41-44 and 52-59. I conclude 
that anyone skilled in the art of deploying an "adaptive speaker identity verification 
system" would clearly understand this standard industry terminology and would 
not have to have any additional details regarding the computing platform such as 
the processors, memory, and machine-readable media. The Invention disclosed in 
U.S. Patent Application No. 09/886,824 could be readily made by such a person 
skilled in the art using a common adaptive speaker identity verification system; it is 
a relatively simple and straightforward process that does not require any undue 
experimentation. 

9. The term "adaptive speaker identity verification system" would be well understood 
and the specification of a particular hardware configuration is not necessary and the 
invention is not dependent upon a particular hardware or operating system 
configuration as it can be implemented on the "machine" (computing 
platform/operating system configuration) on which the adaptive speaker identity 
verification system runs. 

10. There are abundant commercially-available "adaptive speaker identity verification 
systems". This includes an adaptive speaker identity verification system that is available 
fi-om Zehu Technologies (see Exhibit A). Another adaptive speaker identity verification 
system is available from IBM® (See Exhibit B). Yet another adaptive speaker identity 
verification system is available from Nuance Communications, Inc. (See Exhibit C). Still 
another adaptive speaker identity verification system is available from Agnito S.L. (See 
Exhibit D). Still yet another adaptive speaker identity verification system is available 
from Loquendo - Vocal Technology and Services (See Exhibit E). Also, another 
adaptive speaker identity verification system is available from PerSay Ltd (See Exhibit 
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F). Finally, another adaptive speaker identity verification system is available from 
Speech Works International, Inc. (See Exhibit G). It is believed that ail of these 
adaptive speaker identity verification systems and the associated computing 
platform/operating system could be utilized to implement the Applicant's Invention 
by an individual of ordinary skill in speech application technologies. 
I further declare that all statements made herein by my own knowledge are true and all 
statements made on information and belief are believed to be true; and further that these 
statements were made with the knowledge that willful false statements and the like so 
made are punishable by fine or imprisonment, or both, under Section 1001 of Title 18 of 
the United States Code and that such willful false statements may jeopardize the validity 
of the above-identified application. 

Further Declarant Sayeth Not. . 





Date 



Michael Phillips 
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Exhibit B 



Speaker Identity Verification Extensions 

for WebSphere Voice Server 

Enhancing Security tor Telephone ttas&i Interactions 




Using voiceprints to verify a user with speaker verification 

When it comes to providing secure access for self-senice, telephone-based applications, most solutions 
are prone to fraud, as the authentication mechanism is based on information that is easily 
compromised. 

What is ipeaker Identity Verificatim Fec/inoJojy? 

"Speaker Identity Verification technology enables a non-intrusive and highly accurate mechanism for 
authenticating users based on the analysis of their voice. Speaker Identity Verification technology 
provides much more accurate and secure speech applications. Speaker verification is the id>ility to 
authenticate someone's identity based on their voice. It significantly reduces the risks of unauthorized 
access, since the autlientication mechanism uses the unique features of someone's voiceprint." 



A Nev* Way to Authenticate in a VoiceX^SL 
Application 

The addition of ^>eaker identity verification 
provides a VoiceXML application with a new 
means for outtfenticatiim - using voice. 

iBM's speaker identity verification is an 
optional component of the WebSphere Voice 
Server. Speaker identity verification enables a 
telephone-based self-service application 
(running on any Web application server) to 
accept speech and match it against an enrolled 
voiceprint for caller authentication. 

WebSphere Voice Server speaker identity 
verification is completely developed in Java, 
and leverages the highly scalable and robust 
WebSphere Application Server's Java 2 
Enterprise Edition (J2EE) services. It brings all 
the WebSphere Application Server benefits to 
speaker verification, including: 

♦ reduced deployment costs with integration 
into the fT infrastructure; 

♦ central and common management; 

♦ advanced system monitoring; 

♦ increased reliability; 

♦ simplified problem determination. 

Identity theft is the number one crime in 
America today. Speaker identity verification 
instills confiiJence in customers in regards to 
Uie security of their data. The ability to use 
one's voice for authentication adds an extra 
layer of protection to sensitive infonmation. 



For example, if a user's account ID and 
password are stolen, the imposter will be 
detected by the system when he tries to access 
acctwnt specific information while pretending 
to be someone else. The use of voiceprints 
increases the reliability of identity verification 
and makes It much more difficult for someone 
to break into a user's account. 

IBM's Speaker Verification Technology 
Ttte techmtosy behind the speaker identity 
verification feature of WebSphere Voice Server 
provides customers with a competitive edge. 

IBM's Speaker Identity Verification technology 
provides a grammar, language, and text 
independent authentication mechanism. You 
can enroll saying anything, in any language, 
and have it verify you, saying anything, in any 
language! Some of the benefits of the speaker 
identity verification feature of WebSphere 
Voice Server inclu<te; 

♦ Language Independence 

o One speaker verification engine can 

handle all languages; 
o Weaker can enroll in one language and 

be verified in another. 

♦ Text lr>det>endence 

1. User can say ani-thing, not bound by a 
grammar or a pre-defined pass phrase. 

♦ Speaker Tracking 
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o Continuously monitor entire calls for 
assurance that the verified speaker 
answered all prompts. 

♦ Speaker Change Detection 
o Can alert when a different speaker \s 
detected in call (For example, a person 
calls in but then a friend takes over the 
conversation). 
Your telephone self-service application can 
take advantage of this flexibility and provide a 
truly integrated and non-intrusive verificatron 
process. Since anything you say as part of a 
transaction dialog can be used to verify your 
identity, there is no need to remember pass- 
phrases or go through a separate verification 
proceB. For instance, you can prompt for an 
account number, have it recognized and the 
caller verified iJirough the same dialog. 



IBM has over 60 patents and 30 papers 
associated to its Speakei- Verification 
technology, including a patent selected as one 
of Five Killer Patents by the MlT Technology 
Review Magazine {May'2004 issue). 

IBM, via a services offering, provides a policy 
manager which complements the speaker 
identity verification feature of the WebSphere 
Voice Server. The policy manager adds a 
dynamic question and answer dialog to the 
caller interaction, further increasing security 
by validating customer specific infofmation in 
■ >n with a volceprint. 



Use of Standards 
IBM continues its commitment t 
with J2EE, MRCP, and the World Wide Web 
Consortium OViC) Speech Interface Framework. 
The use of open standards has proven to be a 
driving force tov/ards lowering soliitions costs. 
This is particularly true In the speech, where 
applications are more and more based on a vast 
collection of industry standards. 



IBM V/ebSphere Voice Server confirms IBM's 
commitment to support, adopt, and drive open 
standards. It ties together more than 35 years 
of wortdwide speech research and technology 
expertise wift the infrastructure provided by 
the IBM WebSphere platform. 
Along with MRCP, WebSphere Voice Server 
supports the W3C Speech Interface Framework 
of standards, including voice grammars {SRGS), 
and speech markup (SSML). 

Speaker Identity Verification for WebSphere 
Voice Server 

WebSphere Voice Server builds on the base of 
the WebSphere Application Server to provide 
scaling, load balancing, faitover, recovery, 
systems management, logging, tracing, and 
problem determination. 
WebSphere Voice Server plays a major role as 
the foundation for IBM speech solutions, it 
provides a robust and scalable platform for 
speech functions like automated speech 
recognition and text to speech in addition to 
speaker identity verification. 



:t your IBM representative 



® Copynght IBM Cocporatson 2Q0T 
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Exhibit C 



from Nuance 



NuancG Verifior^** 4.0 Voice Authentication Softv^are for Secure Access 
over the Teleprfione 
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meeting the security chaleoge: voice asjtherrtication 
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fK> longaf fBGd to f HTiHitlM taig CMisffelBd 
In addUai f» kiigiar naedhg to rssat m OM^ 
taiiftt SMI teBacSans. IMfl 
an agsrt cai reduce tha ianglh a cal f OTHtn^ 
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using Nuarwe Vferifiac 4.0 
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Nuance Verifier 4.0 offering 
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NUANCE :: customer C£ 



about Nuance Communications 

NiHice is the leadhg providsr of speech and imapng solutions for businesses and consumers around the world. Its tectmotopes, 
applicaBons, and setwces make the user e)q)enence more compeinj by transfonrung the vray people ntetaot with irtormafton 
and how th^ creatE, share, and use documents. Every d£^, rr»lliwis of us«s and thousands of businesses experience hfeance's 
proven applcations am) professional servlcss. For more hformatlan, ptease visit www.nuance.caTi. 
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Exhibit D 



K'VS?^'^'^ t>iita Sheet 

' KIVOX Verifier 



Your voice is the key 



Protect your systems against identity fraud using AGNITIO's 
voice biometrics technology 



Secure Identity verification 

KIVOX is AGNITIO's technotogy for strong 
speaker authentication solutions. It is tlie 
most reliable and robust voice biometrics 
engine availabk in today's marltet, with 
more than 15 years e^p^eence in the law 
enforcement si^^^K^^'^ 
countries. 

KIVOX verifies ^■^Plntitv inl 
user friendly, na'ffl^^y, using | 
day to day devices siiiah 
and your own voice. 

itegrated,i 

and appi^ttfens. KIVOJ 
iur oi-ganisation improve 

ist and enliance user J 
bioihetf:. I .-.ti':!. 

f 

KIVOX verifier is based on free speech 
technology (tes^ndependent), so the user 

*xan be verifietf^ing anything in any 
language. This technology is also channei 

, independent (Landline, mobile, VOIP). 





About Agnitio 




Applications 

KIVOX Verifier <,m be easily integrated in 

any appticatior that requires secure 
speaker vetification. 

KIVQx Verifier providf-sisxt independent 

voife biometrii-S tethnoiogy. Therefoie 
vsitiricdtioni tan be pettornrsed m ron- 
collaborative »teo»<io>, oi those thdt do 
not f eouire the spejlter to repeat a specific 
text. 

Sttrne ewmples of KIVOX Verifier 
dpplfcdtiofiiaie- 

•Multi-diannei aulhentttation for phone- 

bankmg & e-bankiog 
•Private banking / Trade floor operationb 
•Background identity d>eck 
•Autofjwtit tonverwtion indexing per 
speaker 

•Voice Sigrature 

•Conference Call end- point authenticdtion 
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Example of integration architecture 
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Exhibit E 

Please see next page 
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Loquendo 
VoxNauta Platform 



VotceXML & CCXML PLATFORM 



Loquendo VoxNauta platform enables carriers, 
enterprises, service providers and emerging 
technology companies to develop speech- 
enabled applications which MIowtheWiA-based 
architecture enforced by VoiceXML and CCXML 



CCXML makes call control very flexible, while 
VoiceXML is focused on the voice interaction 
aspect of the application. 
Loquendo VoxNauta can have Loquendo's ASR 
and TTS techmiogies optionally integrated 
- the most advanced speech technologies on 
the marltet today with complete support for all 
the relevant standards, and with many highly 
innovative features for an optimal exploitation of 
speech applications. 




A Complete, Adaptable and Scalable Platform 

LofniBiido VoxNauta SW platform has been furUier improved to 
allow ellicienr.v scalabiltly and tie best sfate-of-the-art performance 
for spooch application devcilopment. The following are just a few 
tfiiViiires 

• VoxNauta platform's modular ardiitecture makes it independent 
from LoijuindoASR/TTSengines and language/voice packages, 
allowintj ttie seamless upgrade to new technology releases 
and new languacjos and voices. 

Spot.'ch technology ports are independent from the number of 
sessions lunning concurrently on the platform. This allows cost 
savings where ASR and TTS are only partially used, or not 
integrated 

• VoxNauta is multi-OS: both Windows and Linux operating 
systems dre supported. 

• Configuration, administration and management tasks are made 
easier by a simple hut powerful Gi^hic Management Console. 



Full Standard Compliance 

Loquendo VoxNauta platform and Loquendo's 



Loquendo Voxnauta platfonn has been certified as 
compliant with W3C VoiceXML 2.0 Recommendation 
by the VoiceXML Foaim Platform Certification program. In 
addition, all the new features of VoiceXML 2.1 are also 



Call Control is programm^le by means of CCXML 1.0 
scripts, the new powerful W3C standard complementing 
VoiceXML for call control handling. Simple actions, such 
as call initiation, conditional acceptance of a call, different 
kinds of call transfer, (up to the most complex call control 
features like conferencing, proactive outtiound calls), are 
easily programmed by with this new markup language. 



CCXML 




MRCP v2 



Standards and speech technotogies: 

• Loquendo ASR fully supports SRGS 1 .0 (Speech Recognition Grammar Specification), in both the XML and ABNF 
fonnats. for defining ^eech and DTMF grammars. Moreover, semanfic interpretation fully implements the SISR 1 .0 
(Semantic Interpretation for Speech Recognition) which allows a standard and powerful fomnatting of ASR results. 

• Loquendo TTS fully implements SSML 1.0 {Speech Synthesis Martaip Language) offering standard controls to 
enhance TTS rendering, tas achieving the best experience for the user. All the unique features offered by Loquendo 
TTS are also accesable in SSML. 

• Uniform ASR and TTS user le»cohs are offered to the VUl devetoper, and the standardization of PLS 1.0 
(Pronunciatton Lexicon Spedfication) is a primary goal to ensure a ftilly standards compliant application development 



I 111 Is 



Jkjifeilk LoQuendo^ 
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Current Set-up 

Loquendo VoxNauta platform is typically applied in the world of telephony, e.g.. in IVRs. speech-enabled self-service applications, 
etc It is standards-based, so that even a DTMF based applicaDon can be programmed in VoiceXMUCCXML, and subsequently 
"upgraded" to voice-interaction leveraging optional speech technologies. VoxNauta can be used on both VoIP (SW-only SIP/RTP 
implementattan) and TDM networks (through VoIP-TDM Gateways or third-party telephony cards) 

New scenarios are also emerging which can benefit from ttie flexibility of VoxNauta platform, such as the delivery of voice and video 
applications (multimedia) for advanced mobile and video telephony applications, as well as multimodal applications based on 
embedded TTS and DSR. 



CCXML call control 

The W3C's new mar1<up language, 
CCXML (Call Control XML) is used to 
define the call control part of telephony 
applications. CCXML is an event-driven 
markup language vsrtiich is able to effi- 
ciently dispatch telephony events and 
launch VoiceXML applications. Ite key 
design features of CCXML are its ease 
of use, flexibility, and ability to deal 
with complex applicaSons 

CCXML Htghlights 

Asynchmnous event processing 
Conditional acceptance or refusal 
of incoming calls 
Several kinds of call transfer 
Outbound call initiation 
Scripting capabilities (ECh/IA-327} 
VoiceXML management 
Conferencing management 
Flexible Call Control Services 

CCXML applications range from simple ones such as playing 
n announcement on an incoming call or redirecting a call if 
erlain conditions are met, to more complex ones such as the 

flexible description of a Conferencing system driven by a web 

application. 

CCXML makes it possible to send and receive commands 
through an HTTP interface, making it easy to realize new 
interactive call control capabilities. 

Moreover CCXML can handle VoiceXML dialogs for self-service 
applications and transfer a call back and forth to an operator 
The flexibility of CCXML allows call initiation driven by events 
from an application server. The VoxNauta platform implements 
sion 1 .0 of the CCXML draft standard of W3C. 



VoiceXML applications 

VoiceXML is now acknowledged by an ever-increasing number 
of speech-application developers as a must for all telephony 
platfomis, and together with CCXML is a key feature of the 
Loquendo Voxlvlauta platform. 

VoiceXML 2.1 Extenslotts 

VoiceXML 2.0 is now widespread and its compliance enforced 
by the VoiceXML Forum Platform CerUfication program 

(www voicexmlorg). New features have been recentfy added, 
to produce VoiceXML 2.1. 




VoxNaut 

Architecture 



The major VoiceXML 2.1 features are: 

• Audio recording during speeds recognition - a 

key feature for call logging, data mining and speech 
application tuning. It also allows external speech engines 
to detect innovative features during the course of a speech 



A new <d3ta> element fetches XML data during the 
processing of a VoiceXML page. This altows the adaption 
of the VoiceXML dialog strategy according to external 
XML data, without the need to edit the VoiceXML page. 
One very important use is the fetching of a dynamic list of 
prompts that are specific to the speech interaction, e g. a 
list of movies in a cinema. 

A <foreach> element process a dynamic list of prompts. 
A new type of transfer call, called 'consultation', hasbeen 
added to "blind' and "bridge" types. It allows a call transfer 
to be attempted and, in the case of no reply or an error, 
returns to the speech application to continue the dialog. 



Web based applications 

With the adoption of VoiceXML and CCXML, all applications 
and application content can be dynamically fetched from a Web 
server. This is also true for SRGS grammars, user lexicons, 
audio prompts and music. It greatly simplifies application 
development and allows a complete, clear separation of the 
application layer from the media and management layer. 
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Innovative Application Scenarios 




Network tntegration Capabilities 

Besides conventional network interfaces, 
. VoxNauta offers a TCP/IP-based application 
I layer protocol interface (DAP) This allows for 
I the upgrade of any conventional IVR platform, 
I or any other pnvate network interfacing equipment 

(e.g. WiFi), with the new and essential features offered 
1 by VoiceXML 2.0 and 2.1. At the same time, it exploits 
i optimal integration with Loquendo speech technologies 
1 (Loquendo TTS and Loquendo ASR). 

4 In short, any third party equipment can still leverage its own call 
j control mechanism or access techniques, while upgrading to a 
i fully standards compliant VoiceXML platform, 
i The Integration; which leverages a simple message-based 
I protocol. Is straightforward, savestimeandoutlayforcompanies 
wishing to exploit a certified VoiceXML browser without having to 
I worry about technology integration. 

; O&M integration Is also ensured by the SNMP interface available 
J with VoxNauta 



multimedia Capabilities Toward /MS 

The aim of 3GPP (UMTS scenario), to ensure convergence 
of cellular and internet technologies, has led to the 
standardization of the IP Multimedia Subsystem (IMS) 
architecture, m which multimedia applications are hosted 
on a SIP application sender, described in CCXML and 
VoiceXML and executed by an MRF (Ivledia Resource 
Function) component. 

Therefore, the essential elementsoi an MRF are the CCXML 
interpreter, the VoiceXML interpreter, the speech server 

for TTS. ASR and DTMF management and the video server 
for steaming, video/image presentation and co-decoding. 
Both CCXML and VoiceXML are media agnostic and 
therefore suited both for speech and video application 
development. 

Moreover, with the introduction of a few specific, additional 
VoiceXML elements for video/image presentation and 
push-to-talk options, VoxNauta is at the forefront for this 
new emerging and challenging market opportunity. 



I Application Sen«r | 

j SIP terminal 






Multimodal Capabilities over MoW/e Data Networks 

Loquendo VoxNauta plattonn can also be used as a network 
server In multimodal application development for mobile 
data networks (e.g. GPRS), by exploiting the capabilities 
of DSR (Distributed Speech Recognition) encoding and 
Loquendo Embedded TTS. 

in this context, multimodal applications are activated by a 

thin client on the mobile phone, and descnbed in VoiceXML/ 

CCXML as any other vocal applications. 

Uplink payload for vocal commands is dramatically reduced 

by DSR encoding of the speech front-end parameters, which 

also ensures reduced channel errors' sensitivity. 

Downlink payload is minimized by exploiting the Loquendo 

Embedded TTS capabilities, which can be installed on the 

terminal together with the client software. 

In this way, developing multimodal services becomes as easy 

as writing VoiceXML applications. 
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Infinite Solutions for All IVR and Self-Sa^e Af^lcaticMTS 



s and products, customer service and 
a personal 

Transactional services like online trading, home banking, travel booking, voice-commerce or 



Loquendo VoxNauta - Technical Specifications 



System Configurations i IVR: includes CCXML, VoiceXMI-, DTMF and prerecorded audio 

I ASR only: includes CCXML, VoiceXML, DTMF, ASR and prereoMded aucfo 
■ TTS only: includes CC5WIL, VoiceXM , DTMF, prereconied audio and TTS 
; Fun (&riog advanced IVR: hdudes CCXML, VbiceXML, DTI*, ASR, SV, prerecorded aidio and TTS 



i Analog (Loop Start), Ewo-ISDN 



. NMS AG 2000/20b-a.SE (Analog), NMS AG4000/400-1E (EiKO-ISDN), NMS AG40W4-1TE 
(Euro-ISDN), Intel Dialoj^c DMV600BTEP (Oi^). NWB CG65ffi {EuroJBC*}) 



Echo Cancellation 



Si4)porled Ijy telephone cards 



Network Signalling RFC 3261 (Sessmn Initiation Protocol), RFC ffi15 (Refer Meftod), RFC 2327 and 3264 (SOP) 
(VoIP: SIP-RTP) ; RFC 3891 (Repines Header), RFC 1889 (RTP), RFC 3665 (Base Can Ftow), RFC 3666 (PSTN 
Call Flow), RFC 2833 (DTMF); BFC 4240 (Nefann) 



CCXML and VWceXML documents, as well as SRGS grammars, lexicon and audio fSes are 
fetched from local file Systran and over HTTP (with caching suppmt) and/or HTTPS 



G.711 (A-lawandp-law) 



Audio File Formats 



8 and 16 bit, A-law, p-law and fin 



Speech Technotogles j Loquendo ASR, Loqueido SV, LoquanJo TTS (va MRCPv2) 



Supported Languages 



i American Encash, Canadian French, Brazilian Portuguese, American Spanish, Argentinian 
! Spanish, Oiilean Sparish, Mexkan Sianish, British Er^sh, Castilian Spanish, C^an. 
I V&lendan, G^idan, Dutch, ftentti, German, Greek, Italian, Polish, Porfcjguese, Swedish,Ti«kish, 
j Arabian, Rus s^, Fitwish, Daiish and Uteindaim Chinese 



O&M 

System Profiles 



i SmP and Graphic CentTErfized Management Console 



'• VblP (SIP/RTP), TDM network (with NMS card), TDM network (witti Dialogic card). DAP* {TCP-IP 



Loquendo - Vocal Technology and Services 
Via Arrlgo Olivetti, 6 -10148 Torino - Italy 
tel. +39 Oil 2913111 - fax +39 011 2913199 
www.loquendo.com info@loquendo.com 



narks betong to thar respective owners. 



Lcrauendcf* 
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Exhibit F 



VocalPassword~6.0 



Reduce fraud with text-dependent speaker verification that is secure, 
convenient and cost effective. 

Escalating incidents of identity theft, fraud and social engineering 
attacks continue to connproinise existing data security measures. 
Traditional single-factor authentication approaches including pass- 
words and challenge questions no longer provide the necessary 

Biometric speaker verification 
provide the critical component 
on solution. 



safeguards for secure remote 
technology uses the power of voic' 
in an effective multi-factor authenti 



iritegratofs. induding IBM an 




integrated &©cynty 



nuW-factor authentical 



a speatef's identity 

easy to d^loy, sea 
lessly integrating with stisBng iVR and 
VoiceXML platfonms. Designed exdusivBl; 
meet strict gfobal security standards, 
VocalPassword lias sucoessfutly passed 
IndepertdBnt security audits. Featuring 



Markets 

• Enterprise Security 



Straightfcrwtfard depioymer^t 



PerS^ 

Voice Biometrics 
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Exhibit G 



SpeechSecure from SpeechWorks 

Speaker verification technology conveniently enliances caller security 



SpeechWorks' SpeechSecure™ uses biometric technology to 
verify a caller's Identity based on the characteristics of his 
or her unique vocal patterns. SpeechSecure provides a 
convenient and extrmiely tight level of security for callws 
who access personal infomiation over the telephone. From 
financial service to telephony senrices, SpeechSecure 
opens the door to a host of commercial applications where 
high security and/or high convenience is required. 

Customer Benefits 

Caller convenience: Used in combination with automated 
speech recognition, SpeechSecure recognizes and verifies a 
caller as an ID or account number is spoken, el 



Enhanced security: When combined with a password, 
SpeechSecure adds another level ctf security, confirming 
that the right person said the right password. 
Lower costs: Call center sen/ices such as caller verification 
or PIN reset that previoisly requirai customer service 
representative interaction (and associated SOO-toll costs 
while on hold) can now be offered using automated 
speech recognition applications and speaker verification, 
freeing up customer sovice representatives to focus on 
more value-added activities. 



i: SpeechSecure; 
maximize the impact and business readi of their speech 
solution portfolio. 



How it Works 

Speaker verification oc 



Enrollment: New callers are prompted to say their 
passworels three times; these recordings are used to 
create a reference "speech print". 




Verification: Whenever a person calls and attempts 
to access an account, the caller's speech print is 
rampared with the reference speedi print for that 
account. A resulting conf klence score is compared 
against security thresholds to detennine whetiier the 
caller is granted access. 
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SpecchSecure Features 

Rug & Play architecture; SpeechSecure can be easily 
Integrated into a SpeechWorks* speecli application 
(version 6.6 or later). 

Language-independent: Allows the caller to select 
any word or phrase - in any language - as a password. 
\ferificatlon optiam: SpeechSecure includes two 
DialogModules", both of which provide hic^ accuracy 
and virtually eliminate the possibili^ that an imposter will 
access a caller's account by imitating the caller's voice. 

• The Verification Dialo^odule enrolls and verifies 
a password phiase speech print 

• The Digits Verification DidogModule includes the 
ability to recognize a digit string (e.g., account 
number) and verify the speech print simultaneously. 

Security vs. flexibility; Verification parameter can be 
tuned to achieve the desired balance b^ween high 
security (minimizing "False ftcraptances" or allowing 
imposters in) and flexibility (minimizing "False 
Rejections" or keeping out legitimate users). 
Verification robustness; SpeechSecure can isolate the 
passvKond from extraneous sounds (e.g., cellular arti- 
facts, elicits, stutters, background noise, etc.), resulting 
in higher arcuracy. 

Smarter speech prints; With additional calls and sample 
of the caller saying a password, the speech print can be 
updated to provide a more characteristic model of the 
caller's voice, thereby ensurktg that authentic callers 
can access their accounts, while prevertting access to 
unauthorized callers. 



Installation and Conftguration 

SpeechSecure; SpeechSecure is packaged on a CD as 
a OialogModule which includes the verification engine, 
sample applications, the feature sets database and 
speech print update tool. 

Voice model database: $p«!ch prints are stored in a 
datab^ that is implemented using Mcrosofl SOL Server 
7.0. Alternatively, ODBC (open database connectivity) is 
used with SpeechSecure to allow otho- databa^s to be 
used instead of SQL server. 

SpeedWorks, Partner of Choice 

A global company, SpeechWoriis provides products and 
services to teding companies worldwide that want to 
offer superior, cost-effective customer service using 
speech solutions. The partner of chotee, SpeechWorics 
delivers award-winning, cutting-edge technology, and 
is committed to open standards in the development of 
speech savices. SpeechWorics offers results-assurance 
programs Inchtding the SpeechWorks Here™ Guarantee 
and Maricet Accelerator Program, and ROI accelerator 
solutions such as the Spea:hSpot". SpeechWorks' pro- 
fessional senfices group, one of the largest in the world 
for the development of speech applications, is known in 
the indudry for its market-pioven process and dedica- 
tion to customer satisfaction. 



For more information: 



SpttclWtrks 



SpeechWorits International, li 
695 Atlantic Avenue 



Tel: t1.617.428.4444 
Fax; +1.617.428.1122 



Denio:1.888.SAY.DEM0 
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